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An audio coding device includes a time frequency transform
unit that, with respect to each of a plurality of channels
included in an audio signal, generates a time frequency signal
indicating frequency components at each time by performing
a time frequency transform on a signal of the channel; a
transient detection unit that detects a transient with respect to
each of the plurality of channels so as to obtain a transient
detection time; a transient time correction unit that, when a
difference in transient detection times between an early detec-
tion channel in which the transient detection time is earliest
and a late detection channel that is a channel other than the
early detection channel among the plurality of channels is
within a range in which the transient; a grid determination
unit that, with respect to each of the plurality of channels, and
a coding unit that codes.
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1
AUDIO CODING DEVICE, AUDIO CODING
METHOD, AND COMPUTER-READABLE
RECORDING MEDIUM STORING AUDIO
CODING COMPUTER PROGRAM

CROSS-REFERENCE TO RELATED
APPLICATION

This application is based upon and claims the benefit of
priority of the prior Japanese Patent Application No. 2011-
45171, filed on Mar. 2, 2011, the entire contents of which are
incorporated herein by reference.

FIELD

The embodiments disclosed herein are related to, for
example, an audio coding device, an audio coding method,
and a computer-readable recording medium storing an audio
coding computer program.

BACKGROUND

Hitherto, audio signal coding methods for compressing the
amount of data of an audio signal have been developed. As
one of such coding methods, High-Efficiency Advanced
Audio Coding (HE-AAC) is known. This coding method has
been standardized as MPEG-2 HE-AAC and MPEG-4 HE-
AAC by the Moving Picture Experts Group (MPEG). In
HE-AAC, the low frequency band (low frequency compo-
nents) of an audio signal is coded in accordance with an
Advanced Audio Coding (AAC) method, whereas the high
frequency band (high-frequency components) of an audio
signal is coded in accordance with a Spectral Band Replica-
tion (SBR) method. In the SBR method, each frame of an
audio signal is divided into a plurality of time-frequency
domains, and auxiliary information or the like for reproduc-
ing high-frequency components by reproducing correspond-
ing low frequency components on the basis of the signal
power within each time-frequency domain are calculated as
SBR data. Then, an SBR parameter is coded. This time-
frequency domain is called a grid.

In the SBR method, if the time length of a grid is too long
with respect to the temporal change of an audio signal, the
electric power of the audio signal is averaged in the grid, and
thereby the information indicating the temporal change is
lost. As a result, the reproduction sound quality of the coded
audio signal deteriorates. There is a case where, in particular,
as a result of sound in a certain time period being affected by
sound later than that sound, sound that differs from the origi-
nal sound is produced. Such a phenomenon is called a pre-
echo. In Japanese National Publication of International Patent
Application No. 2003-529787, a technology is disclosed in
which a highly transient sound, such as attack sound, is
detected with respect to each channel of an audio signal, and
a grid is set so that the time resolution increases with respect
to the highly transient sound. Such a transient portion of
sound is called a transient.

Furthermore, in Japanese Laid-open Patent Publication
No. 2006-3580, a technology has been disclosed in which
when it is determined that the degree of similarity of a plu-
rality of channels of an audio signal is high, a grouping of
frequency data such that an audio signal is frequency-con-
verted in the time direction or in the frequency direction is
performed in common with respect to a plurality of channels.

SUMMARY

According to an aspect of the embodiments, an audio cod-
ing device includes a time frequency transform unit that, with
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respect to each of a plurality of channels included in an audio
signal, generates a time frequency signal indicating fre-
quency components at each time by performing a time fre-
quency transform on a signal of'the channel; a transient detec-
tion unit that detects a transient with respect to each of the
plurality of channels so as to obtain a transient detection time;
a transient time correction unit that, when a difference in
transient detection times between an early detection channel
in which the transient detection time is earliest and a late
detection channel that is a channel other than the early detec-
tion channel among the plurality of channels is within a range
in which the transient may be regarded as a transient caused
by the same sound, makes a correction so that the transient
detection time of the late detection channel coincides with the
transient detection time of the early detection channel; a grid
determination unit that, with respect to each of the plurality of
channels, sets a grid for a non-transient sound in a section in
which the transient has not been detected, and sets a grid for
a transient sound having a length of time shorter than that of
the grid for a non-transient sound in a section in which the
transient has been detected; and a coding unit that codes the
audio signal for each grid for a transient sound or for each grid
for a non-transient sound.

The object and advantages of the invention will be realized
and attained by means of the elements and combinations
particularly pointed out in the claims. It is to be understood
that both the foregoing general description and the following
detailed description are exemplary and explanatory and are
not restrictive of the invention, as claimed.

BRIEF DESCRIPTION OF DRAWINGS

These and/or other aspects and advantages will become
apparent and more readily appreciated from the following
description of the embodiments, taken in conjunction with the
accompanying drawing of which:

FIG. 1A illustrates an example of a temporal change of the
powers of aleft side channel and a right side channel, in which
a transient is contained;

FIG. 1B illustrates a moving accumulated value of the
powers of the channels illustrated in FIG. 1A;

FIG. 1C illustrates an example of a grid, which is set by the
related art, with respect to an audio signal of each channel
illustrated in FIG. 1A;

FIG. 2 is a schematic block diagram of an audio coding
device according to an embodiment;

FIG. 3 is an operation flowchart of a transient detection
process;

FIG. 4A illustrates a temporal change in powers of a left
side channel and a right side channel when the detection time
of each channel differs with respect to a transient caused by
the same sound;

FIG. 4B illustrates a temporal change in powers of a left
side channel and a right side channel when a transient of the
right side channel and a transient of the left side channel are
caused by different sounds;

FIG. 5 is an operation flowchart of a transient detection
time correction process;

FIG. 6 illustrates an example of a grid;

FIG. 7 illustrates an example of a data format in which a
coded audio signal is stored;

FIG. 81s an operation flowchart of an audio coding process;

FIGS. 9A, 9B, 9C and 9D each illustrate a result of a
comparison between an audio signal that is reproduced from
an audio signal that is coded by the related art and an audio
signal that is reproduced from an audio signal that is coded by
an audio coding device according to the present embodiment;
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FIG. 10 is a schematic block diagram of a video transmis-
sion device into which an audio coding device that is dis-
closed in the present specification is incorporated; and

FIG. 11 illustrates an example of the configuration of an
audio coding device disclosed in the present specification.

DESCRIPTION OF EMBODIMENTS

A description will be given below of an audio coding
device according to an embodiment. First, with reference to
FIG. 1, a description will be given of causes in which, in the
related art, detection times of transients that originally occur
at the same time in all the channels differ for each channel.

FIG. 1A illustrates an example of a temporal change of the
powers of the channels on the left side and on the right side of
a stereo audio signal, in which a transient is contained. FIG.
1B illustrates a moving accumulated value of the powers of
the channels illustrated in FIG. 1A. FIG. 1C illustrates an
example of a grid, which is set by the related art, with respect
to an audio signal of each channel illustrated in FIG. 1A.

In FIGS. 1A and 1B, the horizontal axis represents time,
and the vertical axis represents power. In FIG. 1A, a graph
101 illustrates a temporal change of the power of a signal of
the left side channel, and a graph 102 illustrates a temporal
change of'the power of a signal of the right side channel. Each
dot in the graph indicates a sampling point. As illustrated in
FIG. 1A, a transient occurs at time t,, and power increases
suddenly with respect to both the left side and right side
channels. However, the power after the transient of the left
side channel occurs is larger than the power after the transient
of the right side channel occurs. Such a phenomenon occurs
when, for example, the sound source is closer to a microphone
corresponding to one of channels than the microphone corre-
sponding to the other channel.

In FIG. 1B, a graph 111 illustrates a temporal change of a
moving accumulated value of the powers of the signal of the
left side channel, and a graph 112 illustrates a temporal
change of a moving accumulated value of the powers of the
signal of the right side channel. In this example, the moving
accumulated value is the accumulated value of the power of a
signal of each sampling point in a section that is set along the
time axis including three consecutive sampling points. In the
manner described above, in this example, immediately after a
transient occurs, the power of the signal of the channel on the
left side is larger than the power of the signal of the channel on
the right side. For this reason, as illustrated in the graphs 111
and 112, the moving accumulated value of the left side chan-
nel increases suddenly more than the moving accumulated
value of the right side channel.

The audio coding device of the related art compares, for
example, the moving accumulated value of the power of the
signal of each channel with a certain threshold value, and
determines that a transient has occurred at a time at which the
moving accumulated value becomes greater than the certain
threshold value. For example, when a threshold value This a
value indicated by a dotted line 113 in FIG. 1B, time t; at
which the moving accumulated value of the left side channel
becomes greater than the threshold value Th is earlier than
time t, at which the moving accumulated value of the right
side channel becomes greater than the threshold value Th. For
this reason, the audio coding device of the related art deter-
mines that the time t; is a time at which the transient has
occurred with respect to the left side channel, and determines
that the time t, is a time at which the transient has occurred
with respect to the right side channel.

In FIG. 1C, the horizontal axis represents time, and the
vertical axis represents a frequency. Each block indicates a
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respectively set grid. In the left side channel, the time t, close
to the actual transient occurrence time is set as the start time
of'a grid 121 corresponding to the transient. For this reason,
on the left side channel, a pre-echo hardly occurs. On the
other hand, on the right side channel, different grids 122 and
123 are set to a signal before time t, and a signal at and after
time t,, respectively, with time t, being a boundary. However,
since the actual occurrence time of the transient is earlier than
time t,, in the grid 122, the powers of the signals before and
after the transient occurs are averaged. As a result, on the right
side channel, a pre-echo occurs in a period corresponding to
the grid 122.

Accordingly, the audio coding device disclosed in the
present specification determines whether or not the transient
detected in each channel is caused from the same sound onthe
basis of the difference between transient detection times
among the plurality of channels and the power of the signal at,
the detection time of the transient. When the transient
detected in each channel has been caused from the same
sound, the audio coding device unifies the start times of the
grids for SBR coding with respect to all the channels to the
earliest time among the detection times of the transients of the
plurality of channels.

In the present embodiment, an audio signal to be coded is
a stereo audio signal having a channel on the left side and a
channel on the right side.

FIG. 2 is a schematic block diagram of an audio coding
device according to an embodiment. As illustrated in FIG. 2,
an audio coding device 1 includes a down-sampling unit 11,
an AAC coder 12, an SBR coder 13, and a bit stream genera-
tion unit 14.

These units included in the audio coding device 1 are
formed as individually separate circuits. Alternatively, these
units included in the audio coding device 1 may be mounted,
on the audio coding device 1, as one integrated circuit in
which circuits corresponding to the units are integrated. In
addition, these units included in the audio coding device 1
may be function modules which are implemented by a com-
puter program that is executed on a processor included in the
audio coding device 1.

The down-sampling unit 11 obtains the low frequency
components of each channel of the input audio signal, which
is coded by the AAC coder 12. The frequency of the upper
limit of the low frequency components is set to, for example,
145 of the highest frequency of the input audio signal. The
down-sampling unit 11 performs filtering on a signal of the
time domain of each channel by using a low-pass filter. Such
a low-pass filter may be made to be a finite or infinite impulse
response digital filter. The down-sampling unit 11 filters a
signal of the time domain of each channel by using, for
example, an infinite impulse response filter of the following
equation, which is indicated in the HE-AAC encoder standard
(TS26.410) disclosed by the standardization project 3GPP.

13 (9]

Z az*
k=0
H(z)= I

1= 3 bz
&=

where a, and b, (k=1, 2, . . ., 13) are filter coefficients. For
the values of a, and b,, for example, values indicated in
TS26.410 are used. z ¥ is a signal that is input to this filter at
a k-th time.
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Furthermore, the down-sampling unit 11 may perform a
time frequency transform on the signal of each channel, for
example, for each frame, and apply a low-pass filter to the
frequency signal obtained thereby, thereby extracting low
frequency components of the signal of each channel. In this
case, the down-sampling unit 11 may use, as a time-frequency
transform, for example, a high-speed Fourier transform, a
discrete cosine transform, or a modified discrete cosine trans-
form. The down-sampling unit 11 outputs the extracted low
frequency components of the signal of each channel to the
AAC coder 12.

The AAC coder 12 codes the low frequency components of
the signal of each channel, which are received from the down-
sampling unit 11, in accordance with the AAC coding
method. The AAC coder 12 may use the technology disclosed
in, for example, Japanese Laid-open Patent Publication No.
2007-183528. Specifically, the AAC coder 12 calculates a
perceptual entropy (PE) value. The PE value has characteris-
tics that become a large value with respect to sound whose
signal level changes in a short time, such as attack sound like
sound emitted by a percussion instrument. Accordingly, in the
AAC coder 12, a window that is set along the time axis is
shortened with respect to a frame whose PE value becomes
comparatively large, and the window is lengthened with
respect to a frame whose PE value becomes comparatively
small. For example, the short window contains 256 samples,
and the long window contains 2048 samples. The AAC coder
12 performs a modified discrete cosine transform (MDCT) on
low frequency components of the signal of each channel by
using a window having the determined length, thereby con-
verting the low frequency components of the signal of each
channel into a set of MDCT coefficients. The AAC coder 12
quantizes the set of MDCT coefficients at a certain quantiza-
tion width, and codes the set of quantized MDCT coefficients
and the quantization coefficient used to the determine the
quantization width in accordance with a variable length cod-
ing method, such as arithmetic coding or Huffman coding.

The AAC coder 12 outputs the set of variable-length-coded
MDCT coefficients and the quantization coefficient to the bit
stream generation unit 14.

The SBR coder 13 codes high-frequency components of
the signal for each channel in accordance with a Spectral
Band Replication (SBR) coding method. The high-frequency
components are components within the signal of each chan-
nel, from which low frequency components that are coded by
the AAC coder 12 are excluded.

The SBR coder 13 includes a time frequency transform unit
21, a grid generation unit 22, a grid power calculation unit 23,
a power quantization unit 24, an auxiliary information calcu-
lation unit 25, an auxiliary information quantization unit 26,
and a multiplexing unit 27.

The time frequency transform unit 21 converts the signal of
the time domain of each channel of an audio signal, which is
input to the audio coding device 1, into a time frequency
signal.

In the present embodiment, the time frequency transform
unit 21 uses a quadrature mirror filter (QMF) filter bank in
order to obtain a time frequency signal. The QMF filter bank
is represented as in the following equation

7 2
QM F(k, n) =exp ]m(k +0.52n+ 1|,

0=<k<64,

0<n<128

where k is a variable indicating the frequency band, and in
this example, denotes the k-th frequency band when the entire
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frequency band is equally divided into 64 portions. n denotes
the time sequence of 128 sampling points that are input to the
filter bank.

The time frequency transform unit 21 may calculate the
time frequency signal of each channel by performing another
time frequency transform process, such as a wavelet trans-
form or a high-speed Fourier transform, for each certain sec-
tion.

Each time the time frequency transform unit 21 calculates
the time frequency signal of each channel, the time frequency
transform unit 21 outputs the time frequency signal to the grid
generation unit 22, the grid power calculation unit 23, and the
auxiliary information calculation unit 25.

The grid generation unit 22 sets a grid for each channel. For
this purpose, the grid generation unit 22 includes a power
calculation unit 31, a transient detection unit 32, a transient
time correction unit 33, and a grid determination unit 34.

The power calculation unit 31 calculates power at each
time with respect to each channel, that is, power for each
sampling point in the time axis of the time frequency signal.
For example, the power calculation unit 31 calculates power
in accordance with the following equation.

63 3
Priw) = 3 |Ltk, m*

k=0

63
Pr(w) = ) IRk, m*

k=0

where L(k, n) denotes the time frequency signal of the n-th
sampling point in the frequency band k of the left side chan-
nel, and R(k, n) denotes the time frequency signal of the n-th
sampling point in the frequency band k of the right side
channel. P;(n) and Pz(n) denote the powers of the n-th sam-
pling points of the left side channel and the right side channel,
respectively.

The power calculation unit 31 outputs power P,(n) and
Px(n) for each sampling point with respect to each channel to
the transient detection unit 32 and the transient time correc-
tion unit 33.

The transient detection unit 32 detects a transient for each
channel. For this purpose, the transient detection unit 32
calculates, for each channel, the moving accumulated value
of'the power in the section containing a plurality of sampling
points that are consecutive along the time axis. For example,
the transient detection unit 32 sets the total value of the
powers of three sampling points that are consecutive with
respect to the left side channel and the right side channel as a
moving accumulated value.

The transient detection unit 32 compares the moving accu-
mulated value with the detection threshold value Th for each
channel. When the moving accumulated value of the current
sampling point is greater than the detection threshold value
Th and when the moving accumulated value in the immedi-
ately previous sampling point is smaller than or equal to the
detection threshold value Th, the transient detection unit 32
detects the current sampling point as a transient. The detec-
tion threshold value Th is determined in advance on the basis
of, for example, the difference of the powers before and after
the transient in an experimental manner. When the difference
between the powers before and after the transient is -30 dBov
and when the moving accumulated value is the total value of
the powers of consecutive three sampling points, the detec-
tion threshold value Th may be set at =10 dBov.
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By using the moving accumulated value so as to detect a
transient, it is possible for the transient detection unit 32 to
suppress a specific sampling point from being erroneously
detected as a transient even if power becomes very large at
such a sampling point as a result of noise being superposed
onto an audio signal.

FIG. 3 is an operation flowchart of a transient detection
process performed by the transient detection unit 32. The
transient detection unit 32 performs processing illustrated in
this flowchart for each channel and for each frame.

The transient detection unit 32 sets time t of interest to first
time ‘1’ in the frame (operation S101). Next, the transient
detectionunit 32 calculates the moving accumulated value ZP
from time (t-m) to time t (operation S102). m denotes the
section in which the moving accumulated value is calculated.
For example, when the moving accumulated value 2P is
calculated on the basis of the three sampling points that are
consecutive in the time direction, m=2. Furthermore, when
(=) G=1, 2, . . ., m) is smaller than or equal to 0, the power
of'the time (N—-j) of the previous frame (N is the total number
of sampling points in the time axis, which are contained in
one frame) is used to calculate the moving accumulated value
2P

The transient detection unit 32 determines whether or not
the moving accumulated value ZP is greater than the detec-
tion threshold value Th (operation S103). When the moving
accumulated value ZP is greater than the detection threshold
value Th (operation S103—Yes), the transient detection unit
32 detects a transient (operation S104). Then, the transient
detection unit 32 notifies the transient time correction unit 33
that time t is a transient detection time.

On the other hand, when the moving accumulated value ZP
is smaller than or equal to the detection threshold value Th
(operation S103—No), or after operation S104, the transient
detection unit 32 determines whether or not the total number
of'sampling points in one frame in the time axis in which time
t of interest is contained is greater than or equal to N (opera-
tion S105). When t is smaller than N (operation S105—No),
the transient detection unit 32 increments time t by 1 (opera-
tion S106). Then, the transient detection unit 32 repeats pro-
cessing at and subsequent to operation S101. On the other
hand, when t is greater than or equal to N (operation S105—
Yes), the transient detection unit 32 ends the transient detec-
tion process.

The transient detection unit 32 may calculate the moving
average value of powers in place of the moving accumulated
value of powers. In this case, the detection threshold value
may be made to be a value such that the detection threshold
value for the moving accumulated value is divided by the
number of sampling points contained in the section used to
calculate one moving average value. Both the moving accu-
mulated value of the powers and the moving average value of
the powers are examples of statistical values of powers.

Each time a transient is detected with respect to each chan-
nel, the transient detection unit 32 notifies the transient time
correction unit 33 of the detection time (that is, the number of
the sampling point detected as a transient) of the transient.

There is a case where, in the manner described above, in
spite of the fact that a transient has occurred in each channel,
for example, attack sound emitted from one sound source, the
transient being caused by the same sound, the detection times
of transients of each channel differ. In such a case, there is a
risk of a pre-echo occurring in a channel in which the detec-
tion time of the transient is late. Accordingly, the transient
time correction unit 33 determines whether or not the differ-
ence between the transient detection times among the chan-
nels is within a range in which the transient may be regarded
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as a transient caused by the same sound. When the difference
between the detection times is within a range in which the
transient may be regarded as a transient caused by the same
sound, the transient time correction unit 33 corrects the detec-
tion time with respect to the channel in which the detection
time of the transient is late, and causes the detection time to
coincide with the detection time of the transient of the other
channel. For this purpose, the transient time correction unit 33
temporarily stores, in an incorporated memory, the transient
detection time of each channel, which has been notified from
the transient detection unit 32, and the power at each time
(that is, at each sampling point of the time axis), which has
been received from the power calculation unit 31.

Referring to FIGS. 4A and 4B, an overview of the process
performed by the transient time correction unit 33 will be
described. As an example, it is assumed that the transient
detection time of the right side channel is later than the tran-
sient detection time of the left side channel. FIG. 4A illus-
trates the temporal change in the powers of a left side channel
and a right side channel when the detection time of each
channel differs with respect to a transient caused by the same
sound. On the other hand, FIG. 4B illustrates the temporal
change in the powers of a left side channel and a right side
channel when a transient of the right side channel and a
transient of the left side channel are caused by different
sounds.

In FIGS. 4A and 4B, the horizontal axis represents time,
and the vertical axis represents power. A graph 401 in FIG. 4A
illustrates the temporal change of the power of a left side
channel, and a graph 402 illustrates the temporal change of
the power of a right side channel. In a similar manner, a graph
411 in FIG. 4B illustrates the temporal change of the power of
a left side channel, and a graph 412 illustrates the temporal
change of the power of a right side channel.

As illustrated in FIG. 4A, immediately after time T, at
which a transient has occurred actually in the input audio
signal, the power of the right side channel is smaller than the
power of the left side channel. For this reason, the detection
time Tr; ofthe transient of the left side channel is close to the
transient generation time T,. However, the detection time Try,
of the transient of the right side channel is later than the
transient generation time T,, and the detection time Tr; of the
transient of the left side channel. This time difference is
attributable to the fact that a value that is calculated on the
basis of the section containing a plurality of sampling points,
such as a moving accumulated value, is used to detect a
transient. For this reason, if the transients of the left and right
channels are caused by the same sound, the absolute value
Ayr (SITrg=Tr, 1) of the difference between the detection
times of the transients of the left and right channels becomes
a comparatively small value, such as a value smaller than or
equal to the section. Furthermore, the power of the right side
channel at the detection time Tr; of the transient of the left
side channel, which is indicated by a circle mark 403,
becomes greater than or equal to a threshold value Th,, having
a certain degree of magnitude. In such a case, the transient
time correction unit 33 determines that the transient detected
in each channel is caused by the same sound. Then, the
transient time correction unit 33 makes corrections so that the
transient detection time Try of the right side channel, whose
detection time is late, coincides with the transient detection
time Tr, of the left side channel. Therefore, the transient
detection time Try' of the right side channel after correction is
equal to the transient detection time Tr, of the left side chan-
nel.

On the other hand, as illustrated in FIG. 4B, when the
transient of the left side channel and the transient of the right



US 9,131,290 B2

9

side channel are caused by different sounds, there is a case
where the absolute value A, of the difference between the
detection times of the transients of the left and right channels
becomes comparatively large. Furthermore, at the time of the
transient detection time Tr; of the left side channel, since no
transient has occurred in the right side channel, the power of
the right side channel is small. Accordingly, the transient time
correction unit 33 does not correct the transient detection time
when the absolute value A, of the difference between the
detection times of the transients of the left and right channels
is greater than a certain threshold value Th . Also, the tran-
sient time correction unit 33 does not correct the transient
detection time when the power at the transient detection time
of the other channel with respect to the channel in which the
transient detection time is late is less than the certain thresh-
old value Th,,.

FIG. 5 is an operation flowchart of a transient detection
time correction process performed by the transient time cor-
rection unit 33.

The transient time correction unit 33 determines whether
or not notification of the transient detection time has been
given with respect to any of the channels from the transient
detection unit 32 (operation S201). If notification of the tran-
sient detection time has not been given (operation S201—
No), the transient time correction unit 33 repeats the process
of operation S201.

On the other hand, when notification of a transient detec-
tion time is given with respect to any of the channels (opera-
tion S201—Yes), the transient time correction unit 33 tem-
porarily stores the transient detection time and the channel in
amemory included in the transient time correction unit 33. If
the transient detection time of the other channel has been
stored in the memory, the transient time correction unit 33
calculates the absolute value A, of the difference between
the transient detection times of the two channels (operation
S202). For the sake of convenience, the channel in which the
transient detection time has been notified in operation S201
will be referred to as a late detection channel, and the channel
in which a transient has been detected earlier than the tran-
sient detection time of the late detection channel will be
referred to as an early detection channel. Then, the transient
time correction unit 33 determines whether or not the abso-
lute value A of the difference is smaller than or equal to the
certain threshold value Th, (operation S203). The threshold
value Th, is set to, for example, the maximum value of the
difference between the transient detection times for each
channel, the transient being caused by the same sound. For
example, when the transient detection unit 32 has calculated
the moving accumulated value of the powers on the basis of a
section containing three consecutive sampling points, the
threshold value Th,, is set to a value corresponding to the time
length of the section.

When the absolute value A ., of the difference between the
transient detection times of the two channels is greater than
the certain threshold value Th , or when no transient has been
detected in the other channel (operation S203—No), the tran-
sient time correction unit 33 does not correct the transient
detection time. Then, the transient time correction unit 33
notifies the grid determination unit 34 of the transient detec-
tion time of each channel. Furthermore, the transient time
correction unit 33 deletes, from the memory, the powers of the
sampling points of respective channels, which are at the tran-
sient detection time of the early detection channel and earlier
than the transient detection time of the early detection chan-
nel. After that, the transient time correction unit 33 ends the
transient detection time correction process.
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On the other hand, when the absolute value A, of the
difference between the transient detection times is smaller
than or equal to the certain threshold value Th, (operation
S203—Yes), the transient time correction unit 33 determines
whether or not the power P,,, of the late detection channel at
the transient detection time of the early detection channel is
greater than the threshold value Th, (operation S204). The
threshold value Th,, is a value corresponding to the power of
the transient sound, and is set to, for example, a value such
that the threshold value Th for detecting a transient is divided
by the number of sampling points contained in the section for
which the moving accumulated value is to be calculated.

When the power P,,,, of the late detection channel at the
transient detection time of the early detection channel is
smaller than or equal to the threshold value Th,, (operation
S204—No), the transient time correction unit 33 does not
correct the transient detection time. Then, the transient time
correction unit 33 notifies the grid determination unit 34 of
the transient detection time of each channel. Furthermore, the
transient time correction unit 33 deletes, from the memory,
the power of the sampling point of each channel at the tran-
sient detection time of the early detection channel and earlier
than the transient detection time of the early detection chan-
nel. After that, the transient time correction unit 33 ends the
transient detection time correction process.

On the other hand, when the power P,,, of the late detection
channel at the transient detection time of the early detection
channel is greater than the threshold value Th, (operation
S204—Yes), the transient time correction unit 33 makes a
correction so that the transient detection time of the late
detection channel coincides with the transient detection time
of the early detection channel (operation S205). Then, the
transient time correction unit 33 notifies the grid determina-
tion unit 34 of the transient detection time of each channel.
Then, the transient time correction unit 33 deletes the tran-
sient detection times of the early detection channel and the
late detection channel from the memory. Furthermore, the
transient time correction unit 33 deletes the power of the
sampling point of each channel at a time earlier than the
transient detection time of the detection channel, which was
notified in operation S101. After that, the transient time cor-
rection unit 33 ends the transient detection time correction
process.

In the case that from when the transient detection time has
been notified with respect to one of the channels, no transient
detection time is notified with respect to the other channel
even if the threshold value Th, has passed, the transient time
correction unit 33 determines that a transient has occurred in
only the one channel. Then, the transient time correction unit
33 notifies the grid determination unit 34 of the transient
detection time of the one channel. Then, the transient time
correction unit 33 deletes, from the memory, the power of the
sampling point of each channel at and earlier than the tran-
sient detection time at which notification has been given with
respect to the one channel.

The grid determination unit 34 determines, for each frame,
a grid for the high-frequency components for which coding is
performed by the SBR coder 13 and a grid for the low fre-
quency components for which coding is performed by the
AAC coder 12. In the present embodiment, the grids are set so
that the period of the grid of the high-frequency components
and the period of the grid of the low frequency components
become the same as each other at any timing. The grid deter-
mination unit 34 sets the grid for a non-transient sound to the
preset section in which no transient has been detected in the
frame of interest. The time length of the grid for a non-
transient sound is, for example, about 50 msec.
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Furthermore, when a transient has been detected in the
frame of interest, the grid determination unit 34 sets the
transient detection time to the boundary between two grids,
which are consecutive along the time axis. Then, the grid
determination unit 34 sets the grid for a transient sound, in
which the transient detection time is set as a start time. The
time length of'the grid for a transient sound is shorter than the
time length of the grid for a non-transient sound. For example,
the grid determination unit 34 sets the time length of the grid
for a transient sound to about 5 msec to about 20 msec. The
grid immediately before the transient detection time differs
depending on whether or not the transient has been detected
earlier than the detection time. For example, if another tran-
sient has been detected within a certain period before the
detection time of the transient of interest, the grid immedi-
ately before the detection time of the transient of interest also
becomes a grid for a transient sound. The certain period is
equal to, for example, the time length of the grid for a transient
sound. On the other hand, if another transient has not been
detected within the certain period immediately before the
detection time of the transient of interest, the grid immedi-
ately before the detection time of the transient of interest
becomes a grid for a non-transient sound.

The grid is set for each channel. However, when the tran-
sient detection time of any of the channels has been corrected
by the transient time correction unit 33, the transient detection
times of the left and right channels coincide with each other.
As a consequence, the grid for a transient sound starts from
the same transient detection time with respect to either chan-
nel.

FIG. 6 illustrates an example of a grid that is set with
respect to one channel. In FIG. 6, the horizontal axis repre-
sents time, and the vertical axis represents a frequency. Time
t, is a transient detection time. In this example, six grids 601
to 606 have been set. The grids 601 to 603 among them are
grids that are set to high-frequency components that are coded
by the SBR coder 13, and the grids 604 to 606 that are set to
low frequency components that are coded by the AAC coder
12. The grids 601 and 604 are set in the same period. Simi-
larly, the grids 602 and 605 are set in the same period, and the
grids 603 and 606 are set in the same period. The grids 602
and 605 that are set in a period starting from the transient
detection time t, are grids for a transient sound, and are set to
aperiod shorter than that of the other grids, which are grids for
a non-transient sound.

The grid determination unit 34 notifies the period of the
grids for the high-frequency components and the low fre-
quency components for each channel, and grid information
indicating the start time to the grid power calculation unit 23,
the auxiliary information calculation unit 25, and the multi-
plexing unit 27.

The grid power calculation unit 23 calculates the power for
each grid with respect to each channel. For example, as illus-
trated in FIG. 6, when the entire frequency band is divided
into two portions in the frequency direction, the grid power
calculation unit 23 calculates the power for each grid in
accordance with the following equations.
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-continued
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where L(k, n) is the time frequency signal of the n-th
sampling point in the frequency band k of the left side chan-
nel, and R(k, n) is the time frequency signal of the n-th
sampling point in the frequency band k of the right side
channel. t, and t,, are the first sampling point corresponding
to the start time of the grid, and the last sampling point
corresponding to the end time of the grid, respectively. fs is
the sampling point in the frequency direction corresponding
to the lowest frequency of the high-frequency components to
be coded by the SBR coder 13. P_;,(n) and P, ,(n) are the
powers of the low frequency components and the high-fre-
quency components of the left side channel, respectively.
Similarly, P z/(n) and P_,(n) are the powers of the low
frequency components and the high-frequency components
of the right side channel, respectively.

The grid power calculation unit 23 outputs the powers
P, /(n), Pgy(n), Pogn), and P g,(n) for each grid with
respect to each channel to the power quantization unit 24 and
the auxiliary information calculation unit 25.

The power quantization unit 24 quantizes the powers
P,;,(n) and P_z,(n) of the grids of the low frequency compo-
nents, which are received from the grid power calculation unit
23 by using the, for example, a quantization coefficient that is
determined according to the target code amount that is deter-
mined in accordance with a transmission bit rate. In the power
quantization unit 24, for example, a quantization width that
becomes wider as the quantization coefficient increases is set,
and power for each grid is quantized at the quantization width.
Then, the power quantization unit 24 outputs the quantized
power for each grid to the multiplexing unit 27.

The auxiliary information calculation unit 25 calculates
auxiliary information that is used to reproduce high-fre-
quency components from the low frequency components on
the basis of the powers of the grids of the low frequency
components and the high-frequency components of each
channel, and the time frequency signal. The auxiliary infor-
mation contains, for example, with respect to each frequency
band and each time period, which are contained in the grid of
the high-frequency components, position information indi-
cating the frequency band and the time period of the low
frequency components from which reproduction is made, and
an electric power adjustment parameter for adjusting the elec-
tric power of the high-frequency components. In addition, the
auxiliary information contains information indicating the fre-
quency band and the time period in the high-frequency com-
ponents that is difficult to be reproduced from the low fre-
quency components, and information indicating the power of
the frequency band and the time period.

As is disclosed in, for example, Japanese Laid-open Patent
Publication No. 2008-224902, the auxiliary information cal-
culation unit 25 calculates auxiliary information in accor-
dance with the SBR coding method. For example, with
respect to the grid of interest of the high-frequency compo-
nents of each channel, the auxiliary information calculation
unit 25 compares the time frequency signal of each frequency
band and time period within the grid with the time frequency
signal in the grid of the low frequency components, which is
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set in the same period as the period of the grid of interest.
Then, on the basis of the comparison result, the auxiliary
information calculation unit 25 determines the position infor-
mation on the basis of the frequency band and the time period
of'the low frequency components that are strongly correlated
to the frequency band and the time period of the high-fre-
quency components. Furthermore, the auxiliary information
calculation unit 25 obtains the frequency band and the time
period that is difficult to be reproduced from the low fre-
quency components. In addition, the auxiliary information
calculation unit 25 obtains the ratio of the power of the grid of
interest of the high-frequency components of each channel to
the power of the grid of the low frequency components from
which reproduction is made, and calculates the electric power
adjustment parameter in accordance with the ratio.

The auxiliary information calculation unit 25 outputs the
auxiliary information to the auxiliary information quantiza-
tion unit 26.

The auxiliary information quantization unit 26 quantizes
the auxiliary information by using the quantization coeffi-
cient that is determined according to the target code amount
that is determined in accordance with the transmission bit
rate. By setting, for example, the quantization width that
becomes wider as the quantization coefficient increases, the
auxiliary information quantization unit 26 quantizes the aux-
iliary information at the quantization width. Then, the auxil-
iary information quantization unit 26 outputs the quantized
auxiliary information to the multiplexing unit 27.

The multiplexing unit 27 codes the grid information, the
quantized power of each grid, and the quantized auxiliary
information in accordance with a variable length coding
method, such as arithmetic coding or Huffman coding. Then,
the multiplexing unit 27 arranges those pieces of variable-
length-coded information in accordance with a certain data
output format so as to be multiplexed. This multiplexed data
is referred to as SBR data. The certain data output format is,
for example, an MPEG-4 ADTS (Audio Data Transport
Stream) format which will be described later, and the infor-
mation that is variable-length-coded in accordance with the
arrangement of the SBR data, which is specified in MPEG-4
ADTS, is arranged. The multiplexing unit 27 outputs the SBR
data to the bit stream generation unit 14.

The bit stream generation unit 14 multiplexes the AAC data
received from the AAC coder 12 and the SBR data received
from the SBR coder 13 by arranging them in accordance with
acertain order. Then, the bit stream generation unit 14 outputs
the bit stream that is generated as a result of the multiplexing.

FIG. 7 illustrates an example of a bit stream in which a
coded audio signal has been stored. In this example, the bit
stream is generated in accordance with the MPEG-4 ADTS
format, and is output as HE-AAC data. A bit stream 700
illustrated in FIG. 7 includes a header block 710, an AAC data
block 720, and a FIL element 730. Header information of an
ADTS format is stored in the header block 710. AAC data is
stored in the AAC data block 720. SBR data 740 is stored ata
certain position in the FIL element 730.

FIG. 81s an operation flowchart of an audio coding process.
The flowchart illustrated in FIG. 8 illustrates processing for
an audio signal for one frame. The audio coding device 1
repeatedly performs the procedure of the audio coding pro-
cess illustrated in FIG. 8 for each frame.

The down-sampling unit 11 extracts low frequency com-
ponents by down-sampling the signal of each channel (opera-
tion S301). The down-sampling unit 11 outputs the low fre-
quency components of each channel to the AAC coder12. The
AAC coder 12 codes the low frequency components of each
channel in accordance with the AAC coding method (opera-
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tion S302). Then, the AAC coder 12 outputs the AAC data
obtained as a result of the coding to the bit stream generation
unit 14.

Additionally, the signal of each channel of the audio signal
is also input to the SBR coder 13. Then, the time frequency
transform unit 21 of the SBR coder 13 performs a time fre-
quency transform on the signal of the time domain of each
channel (operation S303). The time frequency transform unit
21 outputs the time frequency signal of each channel, which
is obtained as a result of the time frequency transform, to the
grid generation unit 22, the grid power calculation unit 23,
and the auxiliary information calculation unit 25.

The power calculation unit 31 of the grid generation unit 22
calculates power at each time with respect to each channel
(operation S304). Then, the power calculation unit 31 outputs
the power of each channel at each time to the transient detec-
tion unit 32 and the transient time correction unit 33 of the
grid generation unit 22. The transient detection unit 32 per-
forms a transient detection process for each channel (opera-
tion S305). When the transient detection unit 32 detects a
transient, the transient detection unit 32 notifies the transient
time correction unit 33 of the transient detection time.

The transient time correction unit 33 performs a transient
detection time correction process (operation S306). When the
transient time correction unit 33 has corrected the transient
detection time with respect to any of the channels, the tran-
sient time correction unit 33 notifies the grid determination
unit 34 of the grid generation unit 22 of the transient detection
time after the correction. Furthermore, with respect to the
channel in which the transient detection time has not been
corrected, the transient time correction unit 33 notifies the
grid determination unit 34 of the transient detection time that
has been detected by the transient detection unit 32.

The grid determination unit 34 determines the grid of each
channel (operation S307). In that case, the grid determination
unit 34 sets a grid for a non-transient sound with respect to the
section in which a transient has not been detected within the
frame. On the other hand, if the transient has been detected,
the grid determination unit 34 sets a grid for a transient sound,
which is shorter than the grid for a non-transient sound, by
using the transient detection time as a start time. The grid
determination unit 34 notifies the grid information indicating
the set grid to the grid power calculation unit 23, the auxiliary
information calculation unit 25, and the multiplexing unit 27.

When the grid power calculation unit 23 is notified of the
grid information, the grid power calculation unit 23 calculates
power for each grid and quantizes the power for each grid
(operation S308). Then, the power quantization unit 24 out-
puts the quantized power for each grid to the multiplexing
unit 27. Furthermore, when the auxiliary information calcu-
lation unit 25 is notified of the grid information, the auxiliary
information calculation unit 25 calculates the auxiliary infor-
mation, and the auxiliary information quantization unit 26
quantizes the auxiliary information (operation S309). Then,
the auxiliary information quantization unit 26 outputs the
quantized auxiliary information to the multiplexing unit 27.
The multiplexing unit 27 multiplexes the grid information,
the quantized power for each grid, and the quantized auxiliary
information so as to generate SBR data (operation S310).
Then, the multiplexing unit 27 outputs the SBR data to the bit
stream generation unit 14.

The bit stream generation unit 14 multiplexes the SBR data
and the AAC data, and thereby generates a bit stream in which
the coded audio data is stored (operation S311). After that, the
audio coding device 1 ends the coding process.
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The processing of operations S301 and S302 and the pro-
cessing of operations S303 to S310 may be performed in
parallel.

The audio signal that is coded by the audio coding device 1
may be reproduced by an audio decoding device correspond-
ing to the SBR coding method, for example, an audio decod-
ing device in compliance with MPEG-4 HE-AAC.

With reference to FIGS. 9A to 9D, a description will be
given of pre-echo suppression effect in a stereo audio signal
that has been coded by an audio coding device according to
this embodiment. A graph 901 in the upper side of FIG. 9A
illustrates time of the left side channel of an audio signal
before being coded, and a signal intensity for each frequency.
A graph 902 in the lower side thereof illustrate time of the
right side channel of an audio signal before being coded, and
a signal intensity for each frequency. A graph 911 in the upper
side of FIG. 9B and a graph 912 in the lower side thereof
illustrate signal intensities of the left side and the right side
channel, in which after the audio signal illustrated in FIG. 9A
is coded in accordance with the method disclosed in Japanese
Unexamined Patent Application Publication (Translation of
PCT Application) No. 2003-529787, the coded signal is
reproduced. Similarly, a graph 921 in the upper side of FIG.
9C and a graph 922 in the lower side thereof illustrate the
signal intensity of the left side channel and the right side
channel in which after the audio signal illustrated in FIG. 9A
is coded in accordance with a method disclosed in Japanese
Laid-open Patent Publication No. 2006-3580, the coded sig-
nal is reproduced, respectively. A graph 931 in the upper side
of FIG. 9D and a graph 932 in the lower side thereof illustrate
the signal intensity of the left side channel and the right side
channel in which after the audio signal illustrated in FIG. 9A
is coded by the audio coding device 1, the coded signal is
reproduced, respectively. In FIGS. 9A to 9D, the horizontal
axis represents time, and the vertical axis represents a fre-
quency. The density of each point represents a signal intensity
atatime and frequency corresponding to that point; the darker
the density, the stronger the signal intensity is.

As illustrated in the graphs 901 and 902, at time t,, tran-
sients, which are caused by the same sound, have occurred in
both the left side channel and the right side channel. In com-
parison, in the reproduction signal of the audio signal that has
been coded by the method disclosed in Japanese National
Publication of International Patent Application No. 2003-
529787, in the right side channel, the signal intensity in the
time-frequency domain 913 before time t, is stronger than the
original sound. That is, a pre-echo has occurred in the time-
frequency domain 913. Furthermore, in the reproduction sig-
nal of the audio signal that has been coded by the method
disclosed in Japanese Laid-open Patent Publication No.
2006-3580, in the left side channel and the right side channel,
the signal intensity in the time-frequency domains 923 and
924 before time t, is stronger than that of the original sound.
That is, a pre-echo has occurred in the time-frequency
domains 923 and 924. As described above, in the audio cod-
ing method of the related art, a pre-echo occurs, and as a
result, reproduction sound quality deteriorates.

In comparison, in the reproduction signal of the audio
signal that has been coded by the audio coding device 1, it
may be seen that the signal intensity of each frequency imme-
diately before time t, is almost equal to the signal intensity of
each frequency immediately before time t, in the original
sound, and a pre-echo has not occurred.

As has been described in the foregoing, when the detection
time of the transient for each channel is different, the audio
coding device determines whether or not the transient of each
channel is caused by the same sound. When the audio coding
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device determines that the transient of each channel is caused
by the same sound, the audio coding device makes a correc-
tion so that the transient detection time of the late detection
channel coincides with the transient detection time of the
early detection channel. As a consequence, it is possible for
the audio coding device to set a grid for a transient sound by
using a transient that has been detected at the earliest time as
areference with respect to each channel. Thus, it is possible to
suppress a pre-echo from occurring in a channel in which the
detection time is late. As a result, it is possible for the audio
coding device to improve reproduction sound quality.

The present invention is not limited to the above-described
embodiment. According to a modification, the transient time
correction unit may determine whether or not the transient
detection time of the late detection channel may be corrected
on the basis of the difference between detection times of
transients between channels regardless of the power of the
late detection channel. For example, if the absolute value of
the difference between transient detection times between
channels is less than a certain time period, the transient time
correction unit may make a correction so that the transient
detection time of the late detection channel coincides with the
transient detection time of the early detection channel. This
certain time period is the maximum value of the difference
between the transient detection times, in which the transient
of'each channel may be regarded as being caused by the same
sound, and is set to, for example, the threshold value Th, in
the above-described embodiment.

According to another modification, the transient time cor-
rection unit may determine the threshold value Th,, in opera-
tion S204 in the operation flowchart of the transient detection
time correction process illustrated in FIG. 5 on the basis of the
power in the transient detection time of the early detection
channel. In this case, the threshold value Th, is set to, for
example, V4 to 2 of the power at the transient detection time
of the early detection channel.

Alternatively, in operation S204, the transient time correc-
tion unit may compare the powers in the transient detection
times of each channel with each other instead of comparing
the power of the late detection channel at the transient detec-
tion time of the early detection channel with the threshold
value Th,,. In this case, if, for example, the ratio of the power
at the transient detection time of the late detection channel to
that at the transient detection time of the early detection
channel is greater than %4 to Y%, it is sufficient that the transient
time correction unit corrects the transient detection time of
the late detection channel.

According to these modifications, it is possible for the
transient time correction unit to correct the transient detection
time by comparing the powers of both the channels with each
other. Consequently, it is possible to accurately determine
whether or not the difference in the transient detection times
between the channels has been caused by the same sound.

The audio signal to be coded is not limited to a stereo audio
signal, and may be an audio signal having a plurality of
channels. For example, the audio signal to be coded may be
made to be a3.1 chor 5.1 ch audio signal. When the number
of channels of the audio signal to be coded is 3 or more, the
audio coding device obtains the earliest time among the tran-
sient detection times of each channel. Then, the audio coding
device may perform the transient detection time correction
process between the channel corresponding to the earliest
transient detection time and the other channels.

A computer program for causing a computer to realize the
functions of each unit included in the audio coding device
according to the embodiment or the modification may be
provided in such a manner as to be stored on a recording
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medium, such as a semiconductor memory, a magnetic
recording medium, or an optical recording medium.

Furthermore, the audio coding device according to the
above-described embodiment or modification is mounted in
various devices, such as a computer, a video signal recorder,
and a video transmission device, which are used to transmit or
record an audio signal.

FIG. 10 is a schematic block diagram of a video transmis-
sion device into which the audio coding device according to
the embodiment or modification is incorporated. A video
transmission device 100 includes a video obtaining unit 101,
an audio obtaining unit 102, a video coding unit 103, an audio
coding unit 104, a multiplexing unit 105, a communication
processing unit 106, and an output unit 107.

The video obtaining unit 101 includes an interface circuit
through which a moving image signal is obtained from
another device, such as a video camera. Then, the video
obtaining unit 101 passes the moving image signal that has
been input to the video transmission device 100 to the video
coding unit 103.

The audio obtaining unit 102 includes an interface circuit
through which an audio signal is obtained from another
device, such as a microphone. Then, the audio obtaining unit
102 passes the audio signal that has been input to the video
transmission device 100 to the audio coding unit 104.

The video coding unit 103 codes the moving image signal
in order to compress the amount of data of the moving image
signal. For this purpose, the video coding unit 103 codes a
moving image signal in accordance with a moving image
coding standard, such as, for example, MPEG-2, MPEG-4, or
H.264 MPEG-4 Advanced Video Coding (H.264 MPEG-4
AVC). Then, the video coding unit 103 outputs the coded
moving image data to the multiplexing unit 105.

The audio coding unit 104 includes the audio coding device
according to the above-described embodiment or the modifi-
cation thereof. The audio coding unit 104 codes the audio
signal in accordance with the embodiment or the modification
thereof described above. Then, the audio coding unit 104
outputs the coded audio data to the multiplexing unit 105.

The multiplexing unit 105 multiplexes the coded moving
image data and the coded audio data. Then, the multiplexing
unit 105 generates a stream in compliance with a certain
format for the transmission of video data, such as an MPEG-2
transport stream.

The multiplexing unit 105 outputs the stream in which the
coded moving image data and the coded audio data have been
multiplexed to the communication processing unit 106.

The communication processing unit 106 divides the stream
in which the coded moving image data and the coded audio
data have been multiplexed into packets in compliance with a
certain communication standard, such as TCP/IP. Further-
more, the communication processing unit 106 attaches a cer-
tain header in which destination information or the like is
stored to each packet. Then, the communication processing
unit 106 passes the packets to the output unit 107.

The output unit 107 includes an interface circuit for con-
necting the video transmission device 100 to a communica-
tion line. Then, the output unit 107 outputs the packets
received from the communication processing unit 106 to the
communication line.

FIG. 11 illustrates an example of the configuration of an
audio coding device 1000. As illustrated in FIG. 11, the audio
coding device 1000 includes a control unit 1001, a main
storage unit 1002, an auxiliary storage unit 1003, a drive
device 1004, a network I/F unit 1006, an input unit 1007, and
a display unit 1008. These components are interconnected
with one another through a bus.
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The control unit 1001 is a CPU in a computer, which
performs control of each device, and computations and pro-
cessing of data. The control unit 1001 is also an arithmetic
operation device that executes a program stored in the main
storage unit 1002 or the auxiliary storage unit 1003. After the
controlunit 1001 receives data from the input unit 1007 or the
storage device, the control unit 1001 performs computations
and processing thereof, and outputs the results to the display
unit 1008, the storage device, and the like.

The main storage unit 1002 is formed of a read only
memory (ROM), a random access memory (RAM), or the
like. The main storage unit 1002 is a storage device for tem-
porarily storing programs, such as an OS that is basic soft-
ware, and application software, which are executed by the
control unit 1001, and data.

The auxiliary storage unit 1003 is a hard disk drive (HDD)
or the like, and is a storage device for storing data associated
with application software or the like.

The drive device 1004 reads a program from the recording
medium 1005, for example, a flexible disk, and installs the
program in the storage device.

Furthermore, a certain program is stored on the recording
medium 1005. The program stored on the recording medium
1005 is installed into the audio coding device 1000 through
the drive device 1004. The installed certain program becomes
executable by the audio coding device 1000.

The network I/F unit 1006 is an interface between periph-
eral devices and the audio coding device 1000 having a com-
munication function, which are connected through a network,
such as a local area network (LAN) or a wide area network
(WAN), which is constructed of data transmission paths, such
as a wired line and/or a wireless line.

The input unit 1007 includes a keyboard having cursor
keys, numeral input keys, and various function keys, and the
like, a mouse for making a selection ofkeys, a slice putt or the
like on the display screen of the display unit 1008. Further-
more, the input unit 1007 is a user interface through which a
user gives an operation instruction to the control unit 1001
and inputs data.

The display unit 1008 is constituted by a cathode ray tube
(CRT), a liquid crystal display (LCD), or the like, and per-
forms display corresponding to display data input from the
control unit 1001.

As described above, the audio coding process described in
the embodiment described above may be implemented as a
program to be executed by a computer. By installing this
program from a server or the like and causing a computer to
execute the program, the audio coding process described
above may be realized.

Furthermore, this program may be recorded on the record-
ing medium 1005, and the recording medium 1005 having the
program recorded thereon is read by a computer and a mobile
terminal, so that the audio coding process described above
may be realized. Various types of recording media may be
used for the recording medium 1005. Examples thereof
include a recording medium on which information is opti-
cally, electrically, or magnetically recorded, like a CD-ROM,
a flexible disk, or a magneto-optical disc, a ROM, a semicon-
ductor memory in which information is electrically recorded
like a flash memory, or the like. Furthermore, the audio cod-
ing process described in each of the above-described embodi-
ments may be mounted on one or more integrated circuits.

All examples and conditional language recited herein are
intended for pedagogical purposes to aid the reader in under-
standing the invention and the concepts contributed by the
inventor to furthering the art, and are to be construed as being
without limitation to such specifically recited examples and
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conditions, nor does the organization of such examples in the
specification relate to a showing of the superiority and infe-
riority of the invention. Although the embodiment of the
present invention has been described in detail, it should be
understood that the various changes, substitutions, and alter-
ations could be made hereto without departing from the spirit
and scope of the invention.

What is claimed is:

1. An audio coding device comprising:

atime frequency transform unit that, with respect to each of
a plurality of channels included in an audio signal, gen-
erates a time frequency signal indicating frequency
components at each time by performing a time fre-
quency transform on a signal of the channel;

a transient detection unit that detects a transient with
respect to each ofthe plurality of channels so as to obtain
a transient detection time;

a transient time correction unit that, when a difference in
transient detection times between an early detection
channel in which the transient detection time is earliest
and a late detection channel that is a channel other than
the early detection channel among the plurality of chan-
nels is within a range in which the transient being
regarded as a transient caused by the same sound, makes
a correction so that the transient detection time of the late
detection channel coincides with the transient detection
time of the early detection channel;

a grid determination unit that, with respect to each of the
plurality of channels, sets a grid for a non-transient
sound in a section in which the transient has not been
detected, and sets a grid for a transient sound having a
length of time shorter than that of the grid for a non-
transient sound in a section in which the transient has
been detected; and

a coding unit that codes the audio signal for each grid for a
transient sound or for each grid for a non-transient
sound.

2. The device according to claim 1, further comprising:

apower calculation unit that calculates power at each time
on the basis of the time frequency signal with respect to
each of the plurality of channels,

wherein the transient detection unit sets, with respect to
each of the plurality of channels, a certain section con-
taining a plurality of times, obtains a statistical value of
the powers at times within the certain section while
moving the certain section along the time axis, detects
the transient with respect to the channel when the statis-
tical value exceeds a first threshold value, and sets any of
the times included in the certain section as the transient
detection time.

3. The device according to claim 2, wherein when the
difference between the transient detection time of the early
detection channel and the transient detection time of the late
detection channel is shorter than the certain section, the tran-
sient time correction unit determines that the difference
between the transient detection times is in a range in which
the transient being regarded as a transient caused by the same
sound.

4. The device according to claim 1, wherein the transient
time correction unit makes a correction so that the transient
detection time of the late detection channel coincides with the
transient detection time of the early detection channel only
when the power of the late detection channel at the transient
detection time of the early detection channel is greater than a
second threshold value corresponding to the power of the
transient sound.
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5. The device according to claim 1, wherein the transient
time correction unit makes a correction so that the transient
detection time of the late detection channel coincides with the
transient detection time of the early detection channel only
when a ratio of the power at the transient detection time of the
late detection channel to the power at the transient detection
time of the early detection channel is greater than a certain
value.

6. The device according to claim 1, further comprising:

a down-sampling unit that extracts low frequency compo-
nents having a frequency lower than a first frequency
from a signal of each of the plurality of channels; and

a low frequency coding unit that codes the low frequency
components in accordance with a certain coding
method,

wherein the grid determination unit individually sets the
grid for a non-transient sound or the grid for a transient
sound so that the same period is reached with respect to
the low frequency components, and high-frequency
components having a frequency higher than or equal to
the first frequency, with respect to each of the plurality of
channels, and

wherein the coding unit obtains auxiliary information that
is used to reproduce the time frequency signal within the
grid of the low frequency components as the correspond-
ing high-frequency components, the grid being set in the
same period, and codes the auxiliary information and the
power of the grid of the low frequency components.

7. An audio coding method comprising:

generating, with respect to each of a plurality of channels
included in an audio signal, a time frequency signal
indicating frequency components at each time by per-
forming a time frequency transform on a signal of the
channel;

detecting a transient with respect to each of the plurality of
channels so as to obtain a transient detection time;

making, by a processor, when a difference in transient
detection times between an early detection channel in
which the transient detection time is earliest and a late
detection channel that is a channel other than the early
detection channel among the plurality of channels is
within a range in which the transient being regarded as a
transient caused by the same sound, a correction so that
the transient detection time of the late detection channel
coincides with the transient detection time of the early
detection channel;

setting a grid for a non-transient sound in a section in which
the transient has not been detected, and setting a grid for
a transient sound of a length of time shorter than that of
the grid for a non-transient sound in a section in which
the transient has been detected with respect to each of the
plurality of channels; and

coding the audio signal for each grid for a transient sound
or for each grid for a non-transient sound.

8. The method according to claim 7, further comprising:

calculating power at each time based on the time frequency
signal with respect to each of the plurality of channels,

wherein in the detecting and obtaining of the transient time,
a certain section containing a plurality of times with
respect to each of the plurality of channels is set, a
statistical value of powers at times within the certain
section containing the plurality of times is obtained
while moving the certain section along the time axis, the
transient is detected with respect to the channel when the
statistical value exceeds a first threshold value, and any
of the times included in the certain section is detected as
the transient detection time.
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9. The method according to claim 8, wherein in the making
of a correction, it is determined that when a difference
between the transient detection time of the early detection
channel and the transient detection time of the late detection
channel is shorter than the certain section, a difference
between the detection times is within a range in which the
transient being regarded as a transient caused by the same
sound.

10. The method according to claim 7, wherein in the mak-
ing of'a correction, only when the power of the late detection
channel at the transient detection time of the early detection
channel is greater than a second threshold value correspond-
ing to the power of the transient sound, the transient detection
time of the late detection channel is corrected so as to coincide
with the transient detection time of the early detection chan-
nel.

11. The method according to claim 7, wherein in the mak-
ing of a correction, the transient detection time of the late
detection channel is corrected so as to coincide with the
transient detection time of the early detection channel only
when a ratio of the power at the transient detection time of the
late detection channel to the power at the transient detection
time of the early detection channel is greater than a certain
value.

12. The method according to claim 7, further comprising:

extracting low-frequency components having a frequency

lower than a first frequency from a signal of each of the
plurality of channels, and down-sampling the low-fre-
quency components; and
coding the low-frequency components in accordance with
a certain coding method,

wherein in the setting of the grid, the grid for a non-
transient sound or the grid for a transient sound is indi-
vidually set so that the same period is reached with
respect to the low frequency components, and high-
frequency components having a frequency higher than
or equal to the first frequency, with respect to each of the
plurality of channels, and
wherein in the coding, auxiliary information that is used to
reproduce the time frequency signal within the grid of
the low frequency components as the corresponding
high-frequency components, the grid being set in the
same period, is obtained, and the auxiliary information
and the power of the grid of the low frequency compo-
nents are coded.
13. A non-transitory computer-readable storage medium
storing an audio coding computer program that causes a com-
puter to execute processing comprising:
generating, with respect to each of a plurality of channels
included in an audio signal, a time frequency signal
indicating frequency components at each time by per-
forming a time frequency transform on a signal of the
channel;
detecting a transient with respect to each of the plurality of
channels so as to obtain a transient detection time;

making, when a difference in transient detection times
between an early detection channel in which the tran-
sient detection time is earliest and a late detection chan-
nel that is a channel other than the early detection chan-
nel among the plurality of channels is within a range in
which the transient being regarded as a transient caused
by the same sound, a correction so that the transient
detection time of the late detection channel coincides
with the transient detection time of the early detection
channel;

setting a grid for a non-transient sound in a section in which

the transient has not been detected, and setting a grid for
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a transient sound of a length of time shorter than that of
the grid for a non-transient sound in a section in which
the transient has been detected with respect to each of the
plurality of channels; and

coding the audio signal for each grid for a transient sound

or for each grid for a non-transient sound.
14. The non-transitory computer-readable storage medium
according to claim 13, further comprising:
calculating power at each time based on the time frequency
signal with respect to each of the plurality of channels,

wherein in the detecting and obtaining of the transient time,
a certain section containing a plurality of times with
respect to each of the plurality of channels is set, a
statistical value of powers at times within the certain
section containing the plurality of times is obtained
while moving the certain section along the time axis, the
transient is detected with respect to the channel when the
statistical value exceeds a first threshold value, and any
of the times included in the certain section is detected as
the transient detection time.

15. The non-transitory computer-readable storage medium
according to claim 14, wherein in the making of a correction,
it is determined that when a difference between the transient
detection time of' the early detection channel and the transient
detection time of the late detection channel is shorter than the
certain section, a difference between the detection times is
within a range in which the transient being regarded as a
transient caused by the same sound.

16. The non-transitory computer-readable storage medium
according to claim 13, wherein in the making of a correction,
only when the power of the late detection channel at the
transient detection time of the early detection channel is
greater than a second threshold value corresponding to the
power of the transient sound, the transient detection time of
the late detection channel is corrected so as to coincide with
the transient detection time of the early detection channel.

17. The non-transitory computer-readable storage medium
according to claim 13, wherein in the making of a correction,
the transient detection time of the late detection channel is
corrected so as to coincide with the transient detection time of
the early detection channel only when a ratio of the power at
the transient detection time of the late detection channel to the
power at the transient detection time of the early detection
channel is greater than a certain value.

18. The non-transitory computer-readable storage medium
according to claim 13, further comprising:

extracting low-frequency components having a frequency

lower than a first frequency from a signal of each of the
plurality of channels, and down-sampling the low-fre-
quency components; and
coding the low-frequency components in accordance with
a certain coding method,

wherein in the setting of the grid, the grid for a non-
transient sound or the grid for a transient sound is indi-
vidually set so that the same period is reached with
respect to the low frequency components, and high-
frequency components having a frequency higher than
or equal to the first frequency, with respect to each of the
plurality of channels, and

wherein in the coding, auxiliary information that is used to

reproduce the time frequency signal within the grid of
the low frequency components as the corresponding
high-frequency components, the grid being set in the
same period, is obtained, and the auxiliary information
and the power of the grid of the low frequency compo-
nents are coded.



